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Delay by GSFC. JPL 

Approach: Filter signal to produce desired delay. 

Input signal Delayed signal 
* 

h(t) 
(impulse response) 

All-pass filter h(t)  * s(t)  = s(t)  
s( t - to)  = h( t )  * s( t - to)  

s(t - to)  = h(t - to)  * s(t)  
Fourier Transform H( CO) [ s( W)e-i"t]  = [ H( CO)e-i"t] s( W )  
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Delaying sampled signals 

0 
0 0 d 

d 0 
, .a 

t 
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s(t) No delay 
t 

a 
Signal 

0 D\ 
0 Q 

0' 

I t 

0 

Filter kemel 

A n n )  
t 

0 

s(t) ?: delay 

I t * 

8 
0 *, 6' 

/ /' 
0 

' 9' 

t 

@@sa 
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Continuous and sampled data @esa 

0- 

infinite bandwidth 
c. 

f=d2n 
L * 

0 

Nyquist 
frequency 

f=a/2n 
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t 
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h 
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0 
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Continuous and sampled data @ma 

0- .e 

0 

t - 

infinite bandwidth 

I f=t0/2z 

infinite length 
sin(mt)lant 

Nyquist 
frequency 

f=co/2n: - F 

f=fs/2 
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GSFC - JPL 

@@sa 

% Windowing the sinc function provides significantly better performance 
(many orders of magnitude). 

- Provides significantly better pass-band ripple and stop-band attenuation. 

- Approximately 30 seconds of data required to interpolate. 

Q 

-7 
10 -3 

10 

Frequency [/samples] 
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Testing and Simulation 

Tested by interpolated a variety of functions 

to John Arm 

March 22-26,2004 DS - 11 
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IIR or FIR CSFC-JPL 

@@sa 

Windowed-sinc is a finite impulse response (FIR) filter. 

) is the weighted sum of filter’s inputs x(n). 

) + b(2)x(n-l) + .. 

s the weighted sum of cur evious inputs AND 

[2] T.1 Laakso et at “Splr 
Processing Magazine, January 
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Thiran all-pass Filter GSFC - JPL 

@esa 

Thiran filter [2] was tested by Bob Spero and Michele Vallisneri and 
looks very promising. 

Coeff ici 

0.8 

0.6 

0.4 

0.2 

- 

- 

- 

0- 

-0.2 - 

nts for Thiran all-pass filter; FD = 0.5 

I 1 ~ 1 ~ l l 1  sinc(index+FD) 

- -  I I I 

2 -0.4: W -2 0 4 6 
Index 

http://www.acoustics. hut.fi/software/fdtooIs/ 

8 
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Thiran all-pass filter 

Error in delaying 1 Hz bandlimited noise, with 10 Hz sampling, by 0.05 s. 
I I I I I I I I I I 

~ Thiran order=2 
- order=4 

order=6 
I-. - order4 

orderdo 
I I I I I I I I I 

5 10 15 20 25 30 35 40 45 50 
sample number 

Preliminary tests indicate only 2 or 3 seconds of data needed 
for Thiran filter. 
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Sampling Times o f  Raw Time S ond- 

s21 

S I 2  
s31 

s32 
SI 3 
s23 

221-31 
232-12 
213-23 

r21 

r 12 

r 3 1  

r 3 2  

r 1 3  

r 2 3  

0131 2 012'2133'2'212'22'233' 
0133'133'33'2'212'233' 

3'13'2'213'33'2'213'2'22'233' 

21233'122'233' 

012'2133'133' 

II 

(a) 2-nd generati t times unequal in opposite directions 

1 3211 1 ' 
1 '2'3'11 '1 
22'3'12 1 
22'3'121 
3'3213'1 ' 
3'3213'1 ' 

22'33'11 1 ' 
22'3'121113'32113'1' 
22'3'1 '121 1 '1233'13'1' 

111 11123 
11111123 

arm, due to 
aberration, and 

(b) 012'3 means Sam 

presentation October 2003. 
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Conclusions 

Post-processing interpolation (fractional delay) of phasemeter data 
is feasible with less than 30 seconds of data. 

nowledge needed on-boar 

ot need to be syn 

munications (one 
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GSFC- JPL 

@esa 

Reduction in data may allow time-delay interferometry 

cess to raw data. 
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